Abstract-The hum noise generated from the distribution transformers is annoying and is significant when the transformer is installed near the residential area. This hum noise consists of harmonics of 100 Hz, when the power line frequency is 50Hz. A new type of active noise control method has been proposed in this paper to combat such low-frequency harmonically related noise. The method is based on generation of required harmonics from the power line signal consisting of 50 Hz frequency using two adaptive filters. Through simulation study it has been shown that the proposed technique is able to accurately generate the mix of noise frequency components with the frequency change. The method also tracks the change in power line frequency and generates the corresponding anti-noise to nullify the noise.
INTRODUCTION
Power transformer generate noise due to magnetostriction of the core, by which the core vibrates and generates hum noise which consists of frequency 100 Hz, 200Hz, 300 Hz, 400 Hz, 500 Hz, 600 Hz, when the power line frequency is 50 Hz. The relative magnitude of these frequencies varies transformer to transformer and is also dependant on the transformer load, however, the 100 Hz noise is the dominant among other frequencies. Adjustment of cores and winding at the design and fabrication stage hardly reduces such hum noise with increased cost. Since the transformer noise is a low-frequency noise, its absorption using an enclosure is not feasible. Active noise control (ANC) has been proposed as an alternative to this in which an anti-noise is generated by a signal processing system to combat the transformer noise. ANC has been effective to control such noise in a small area and may not be cost effective to completely nullify the noise in a large area. A feasible application of such methods can be in an active headrest or bed. The active headrest can be used to give a quiet zone near the head of the occupant. The active bed can be used by the occupants of the houses who are exposed to such transformer noise which is predominant during night time and affects sleep.
Active control of transformer noise has been attempted using analog electronics components such as a bank of bandpass filters, phase shifters and amplifiers to generate the required proportions of harmonics contained in the noise [1] . This approach cannot adapt to the change in the noise levels and the proportions of harmonics due to environmental and load variation. Adaptive technique running on a microcomputer is utilized to control the noise adaptively [2] . This technique relies on acoustic noise received by the microphone at the point of cancellation and adjusts the magnitude of the individual harmonics to achieve optimum cancellation. The individual harmonics in the microphone signal are separated by bandpass filters. A feedforward filtered-x LMS algorithm is an alternative adaptive technique which does not require any bandpass filtering and can use the full-band noise signal as reference and generate the required anti-noise at the cancellation point [3] . Since the transformer is situated at a distant place, accessing the acoustic reference signal is not convenient. The acoustic reference signal may be corrupt by external impulsive and useful (music or speech) noise sources. The feedback based ANC [3] does not require any reference signal, but it makes the complete acoustic energy around a head to be nullified, which restricts the user to listen to useful noise sources. The waveform synthesis method is used to generate the required harmonics by the ANC controller in [4, 5] , it does not use any reference signal, but generate the reference signals of individual frequencies by using mathematical equations. If there are 8 harmonics from 100 Hz to 800 Hz, there will be 8 reference signals and hence there will be eight reference signal filtering, this makes it computationally complex. In addition to this, since the ANC does not require any reference of the transformer power Financial support received from DST, Govt. of India, BOYSCAST Fellowship by DP Das.
Acoustic Noise (100 Hz +200 Hz + 300 Hz + …) frequency, the ANC will not be effective if there is any slight change in power-line frequency (say from 50 Hz to 51 Hz).
In the proposed algorithm, the reference frequency is drawn from the power line signal and all the harmonics are generated from this power line signal of 50 Hz. The advantages compared to the waveform synthesis method is that, if there is any change in the reference power line frequency, the algorithm takes care of it and generate the required harmonics. Another advantages is that the power line signal can be drawn from any plug point near the ANC setup and need not require a long wire to draw the acoustic noise reference from the transformer. It also control the noise specific to the transformer noise and does not affect any other useful sound source.
II. PROPOSED ALGORITHM
The acoustic transformer noise which consists of single frequency components at twice, four times, six times and/or eight times the alternating current (AC) power line frequency can be represented in discrete domain as f are the acoustic noise frequency. φ is a constant phase which is seen in all frequency components at the time of signal acquisition. s f is the sampling frequency. n is the sample index.
The acoustic signal ( ) a x n travel in the acoustic medium (known as primary path) is represented by the transfer function ( ) P z and ( ) p n is the impulse response of ( ) P z . The primary acoustic noise at the point of cancellation is
where * denotes convolution operation. 
where k is a constant. The odd harmonics of 1 f can be found out by using a sine function and the even harmonics of 1 f can be found out by using a cosine function. and M is a constant which is equal to 6 in this experiment. It will depend on the amplitude of the reference signal. The adaptive filters 1 ( ) w n and 2 ( ) w n are the adaptive filters of equal length N which is responsible for phase adjustments of the individual frequency components to suitable generate the required amplitude of the harmonic components in the composite signal.
The control signal of the active noise controller is represented as
The antinoise is generated by feeding this control signal to the loudspeaker system. The error microphone receives the error signal represented by ( ) ( ) ( ) * ( ) e n d n y n c n = − ;
where ( ) c n is the impulse response of the secondary path transfer function ( ) C z . The weights of the adaptive filters are tuned using this error signal as follows
w n e n s n
w n e n s n It shows that the two trigonometrically modulated square reference signals are filtered by the secondary path estimates ˆ( ) C z whose impulse response is represented by ˆ( ) c n . This filtered reference signal is used in the filtered reference algorithm.
A. Sampling Frequency
The sampling frequency in this proposed method plays a vital role. It was experimentally found out that the sampling frequency should be an integer multiple of the reference signal frequency 0 f and should be sufficiently higher than the maximum acoustic frequency components in the transformer noise. In general, if 0 f is 50 Hz and the maximum acoustic frequency is 600 Hz, a sampling frequency of 2 KHz is reasonable. However, if the reference frequency 0 f is changed slightly to (50 ± 0 f Δ ) Hz, then the sampling frequency would be 40(50 Hz ± 0 f Δ ) Hz. Therefore, there is a need of frequency estimation of the power signal which has been a matured research area and many techniques are available for this [6] .
B. Length of the adaptive filters
The length of the adaptive filters 1 ( ) w n and 2 ( ) w n also is important in this proposed technique. The length depends on the sampling frequency. By trial and error method it was found that for a sampling frequency of 2 kHz, the adaptive filter length should be exactly 10. Higher or lower size of these two adaptive filters degrades the performance. These two adaptive filters provides appropriate delays to the harmonics generated by the trigonometric functions (sin and cos) and add them two generate a signal that is exactly the same as the desired signal with a phase shift of 180 o .
III. SIMULATION EXPERIMENTS
The simulations were conducted by generating a composite signal as per (1) and the reference signal was generated as per (2) . The reference signal with f =50 Hz, A =1 and φ =0 was used. The block diagram of Fig. 1 was simulated. Figure 2 shows the spectrum of both noise and the antinoise. At first the algorithm was tested to generate individual harmonics. In Fig. 2 (a) , an acoustic signal containing only 100 Hz is used, Fig. 2 (b) , the same with 100 and 300 Hz was used. This can be marked from the spectrums in the Fig. 2 . The frequency contains of other acoustic signals can be viewed from other subfigures of Fig. 2 . It can be noted here that the 2 sin(6 ( ) )
x n π with 1 ( ) w n is responsible for generating 100 Hz, 300 Hz, 500
Hz, … and the 2 cos(6 ( ) ) x n π with 2 ( ) w n is responsible for generating 100 Hz, 300 Hz, 500 Hz, …The length of 1 ( ) w n and 2 ( ) w n are selected as 10 and the sampling frequency was 2 kHz.
A composite signal consisting of all the harmonic signals contained in a transformer noise (e.g. 100 Hz to 600 Hz at a step of 100 Hz was selected in the next experiment. It was also found from the experiment that the algorithm is capable to 
generate the antinoise exactly same as the transformer noise, by using the 50 Hz reference signal. The spectrum of noise and antinoise when such a transformer noise is used can be seen in Fig. 3 . The error microphone signal along with the weights of the adaptive filters 1 ( ) W z and 2 ( ) W z are shown in Fig. 4 during adaptation, which shows that the error is gradually minimized to almost zero level. The step-size was selected as 0.02. From Fig. 3 and 4 it can be confirmed that the proposed algorithm can estimate the harmonics of the transformer from its power line signal.
IV. CONCLUSIONS
This paper proposes a new algorithm of generating harmonics from its fundamental signal. The algorithm is used in the active control of transformer noise. From the detailed simulations it was found that the algorithm is capable of estimating the harmonic content from its fundamental signal. This technique can be used to develop active beds or active headrests to generate a quiet zone for the residents who are affected by such transformer noise which are very dominant when all other external noises are less. It can be seen that the proposed algorithm has got some resemblance with the well known filtered-s LMS algorithm [7, 8] . 
